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SYSTEM AND METHOD FOR COMPRESSED 
DOMAIN BEAT DETECTION IN AUDIO 

BITSTREAMS 

CROSS-REFERENCE TO RELATED 
APPLICATION 

This application is a continuation-in-part of commonly 
assigned US. patent application Ser. No. 09/770,113 entitled 
“System and Method for Concealment of Data Loss in 
Digital Audio Transmission” ?led Jan. 24, 2001 incorpo 
rated herein in its entirety by reference. 

FIELD OF THE INVENTION 

This invention relates to the concealment of transmission 
errors occurring in digital audio streaming applications and, 
in particular, to a system and method for beat detection in 
audio bitstreams. 

BACKGROUND OF THE INVENTION 

The transmission of audio signals in compressed digital 
packet formats, such as MP3, has revolutionized the process 
of music distribution. Recent developments in this ?eld have 
made possible the reception of streaming digital audio With 
handheld netWork communication devices, for example. 
HoWever, With the increase in netWork traf?c, there is often 
a loss of audio packets because of either congestion or 
excessive delay in the packet netWork, such as may occur in 
a best-effort based IP network. 

Under severe conditions, for example, errors resulting 
from burst packet loss may occur Which are beyond the 
capability of a conventional channel-coding correction 
method, particularly in Wireless netWorks such as GSM, 
WCDMA or BLUETOOTH. Under such conditions, sound 
quality may be improved by the application of an error 
concealment algorithm. Error concealment is an important 
process used to improve the quality of service (QoS) When 
a compressed audio bitstream is transmitted over an error 
prone channel, such as found in mobile netWork communi 
cations and in digital audio broadcasts. 

Perceptual audio codecs, such as MPEG-l Layer III 
Audio Coding (MP3), as speci?ed in the International Stan 
dard ISO/IEC 11172-3 entitled “Information technology of 
moving pictures and associated audio for digital storage 
media at up to about 1,5 Mbits/siPart 3: Audio,” and 
MPEG-2/ 4 Advanced Audio Coding (AAC), use frame-Wise 
compression of audio signals, the resulting compressed 
bitstream then being transmitted over the audio packet 
netWork. With rapid deployment of audio compression tech 
nologies, more and more audio content is stored and trans 
mitted in compressed formats. The transmission of audio 
signals in compressed digital packet formats, such as MP3, 
has revolutioniZed the process of music distribution. 
A critical feature of an error concealment method is the 

detection of beats so that replacement information can be 
provided for missing data. Beat detection or tracking is an 
important initial step in computer processing of music and is 
useful in various multimedia applications, such as automatic 
classi?cation of music, content-based retrieval, and audio 
track analysis in video. Systems for beat detection or track 
ing can be classi?ed according to the input data type, that is, 
systems for musical score information such as MIDI signals, 
and systems for real-time applications. 

Beat detection, as used herein, refers to the detection of 
physical beats, that is, acoustic features exhibiting a higher 
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2 
level of energy, or peak, in comparison to the adjacent audio 
stream. Thus, a ‘beat’ Would include a drum beat, but Would 
not include a perceptual musical beat, perhaps recogniZable 
by a human listener, but Which produces little or no sound. 

HoWever, most conventional beat detection or tracking 
systems function in a pulse-code modulated (PCM) domain. 
They are computationally intensive and not suitable for use 
With compressed domain bitstreams such as an MP3 bit 
stream, Which has gained popularity not only in the Internet 
World, but also in consumer products. A compressed domain 
application may, for example, perform a real-time task 
involving beat-pattern based error concealment for stream 
ing music over error-prone channels having burst packet 
losses. 
What is needed is an audio data decoding and error 

concealment system and method Which provides for beat 
detection in the compressed domain. 

SUMMARY OF THE INVENTION 

The present invention discloses a beat detector for use in 
a compressed audio domain, Where the beat detector func 
tions as part of an error concealment system in an audio 
decoding section used in audio information transfer and 
audio doWnload-streaming system terminal devices such as 
mobile phones. The beat detector includes a modi?ed dis 
crete cosine transform coe?icient extractor, for obtaining 
transform coef?cients, a band feature value analyZer for 
analyZing a feature value for a related band, a con?dence 
score calculator; and a converging and storage unit for 
combining tWo or more of the analyZed band feature values. 
The method disclosed provides beat detection by means of 
beat information obtained using both modi?ed discrete 
cosine transform (MDCT) coefficients as Well as WindoW 
sWitching information. A baseline beat position is deter 
mined using modi?ed discrete cosine transform coef?cients 
obtained from the audio bitstream Which also provides a 
WindoW-sWitching pattern. A WindoW-sWitching beat posi 
tion is found using the WindoW-sWitching pattern and is 
compared With the baseline beat position. If a predetermined 
condition is satis?ed, the WindoW-sWitching beat position is 
validated as a detected beat. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The invention description beloW refers to the accompa 
nying draWings, of Which: 

FIG. 1 is a general block diagram of an audio information 
transfer and streaming system including mobile telephone 
terminals; 

FIG. 2 is a functional block diagram of a mobile telephone 
including beat detectors in receiver and audio decoders for 
use in the system of FIG. 1; 

FIG. 3 is a How diagram describing a beat detection 
process that can be used With the mobile telephone of FIG. 
2; 

FIG. 4 is a How diagram shoWing in greater detail a 
baseline beat information derivation procedure used in the 
How diagram of FIG. 3; 

FIG. 5 is a functional block diagram of a compressed 
domain beat detector such as can be used in the mobile 
telephone of FIG. 2; 

FIG. 6 is a How diagram shoWing in greater detail a 
feature vector extraction procedure used in the How diagram 
of FIG. 4; 
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FIG. 7 is a ?ow diagram showing in greater detail a beat 
candidate determination procedure used in the ?ow diagram 
of FIG. 4; 

FIGS. 8A through 8H are illustrations of waveforms and 
subband energies derived in the procedure of FIG. 6; 

FIG. 9 is a diagrammatical illustration of an error con 
cealment method using a beat detection method such as 
exempli?ed by FIG. 3; 

FIG. 10 is an example of error concealment in accordance 
with the disclosed method; 

FIG. 11 is an example of a conventional error conceal 
ment method; 

FIG. 12 is a basic block diagram of an audio decoder 
including a beat detector and a circular FIFO buffer; and 

FIG. 13 is a ?owchart of the operations performed by the 
decoder system of FIG. 10 when applied to an MP3 audio 
data stream. 

DETAILED DESCRIPTION OF AN 
ILLUSTRATIVE EMBODIMENT 

FIG. 1 presents an audio information transfer and audio 
download and/or streaming system 10 comprising terminals 
such as mobile phones 11 and 13, a base transceiver station 
15, a base station controller 17, a mobile switching center 
19, telecommunication networks 21 and 23, and user termi 
nals 25 and 27, interconnected either directly or over a 
terminal device, such as a computer 29. In addition, there 
may be provided a server unit 31 which includes a central 
processing unit, memory (not shown), and a database 33, as 
well as a connection to a telecommunication network 35, 

such as the Internet, an ISDN network, or any other tele 
communication network that is in connection either directly 
or indirectly to the network into which the mobile phone 11 
is capable of being connected, either wirelessly or via a 
wired line connection. In a typical audio data transfer 
system, the mobile stations and the server are point-to-point 
connected. 

FIG. 2 presents as a block diagram the structure of the 
mobile phone 11 in which a receiver section 41 includes a 
decoder beat detector control block 45 included in an audio 
decoder 43. The receiver section 41 utiliZes compression 
encoded audio transmission protocol when receiving audio 
transmissions. The decoder beat detector control block 45 is 
used for beat detection when an incoming audio bitstream 
includes no beat detection data in the bitstream as side 
information. A received audio signal is obtained from a 
memory 47 where the audio signal has been stored digitally. 
Alternatively, audio data may be obtained from a micro 
phone 49 and sampled via an A/D converter 51. 

For audio transmission, the audio data is encoded in an 
audio encoder 53, where the encoding may include as side 
information beat data provided by an encoder beat detector 
control block 67. It can be appreciated by one skilled in the 
relevant art that beat information provided by the encoder 
beat detector control block 67 is more reliable than beat 
information provided by the decoder beat detector control 
block 45 because there is no packet loss at the audio encoder 
53. Accordingly, in a preferred embodiment, the audio 
encoder 53 includes the encoder beat detector control block 
67, and the decoder beat detector control block 45 can be 
provided as an optional component in the audio decoder 41. 
Thus, during operation of the receiver section 41, the audio 
decoder 43 checks the side information for beat information. 
If beat information is present, the decoder beat detector 
control block 45 is not used for beat detection. However, if 
there is no beat information provided in the side information, 
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4 
beat detection is performed by the decoder beat detector 
control block 45, as described in greater detail below. 
Because of a possible packet loss, beat detection can also be 
performed in both the encoder and the decoder sides. In this 
case, the decoder performs only the window-type beat 
detection. Thus the computational complexity of the decoder 
is greatly reduced. 

After encoding, the processing of the base frequency 
signal is performed in block 55. The channel-coded signal is 
converted to radio frequency and transmitted from a trans 
mitter 57 through a duplex ?lter 59 and an antenna 61. At the 
receiver section 41, the audio data is subjected to the 
decoding functions including beat detection, as is known in 
the relevant art. The recorded audio data is directed through 
a D/A converter 63 to a loudspeaker 65 for reproduction. 

The user of the mobile phone 11 may select audio data for 
downloading, such as a short interval of music or a short 
video with audio music. In the ‘select request’ from the user, 
the terminal address is known to the server unit 31 as well 
as the detailed information of the requested audio data (or 
multimedia data) in such detail that the requested informa 
tion can be downloaded. The server unit 31 then downloads 
the requested information to another connection end. If 
connectionless protocols are used between the mobile phone 
11 and the server unit 31, the requested information is 
transferred by using a connectionless connection in such a 
way that recipient identi?cation of the mobile phone 11 is 
attached to the sent information. When the mobile phone 11 
receives the audio data as requested, it can be streamed and 
played in the loudspeaker 65 using an error concealment 
method which utiliZes a method of beat detection such as 
disclosed herein. 

FIG. 3 is a ?ow diagram describing a preferred embodi 
ment of a beat detection process which can be used with 
encoder beat detector control block 67 and the encoder beat 
detector control block 45 shown in FIG. 2. A partially 
decoded MP3 audio bitstream is received, at step 101 in FIG. 
3, and several granules of MP3 data are obtained using a 
search window. The number of granules obtained is a 
function of the siZe of the search window (see equation (4) 
below). Baseline beat information is derived from modi?ed 
discrete cosine transform (MDCT) coefficients obtained 
from the MP3 granules, at step 103, as described in greater 
detail below. The baseline information provides beat ‘can 
didates’ for further evaluation. In an alternative embodi 
ment, the beat candidate obtained at this point can be utiliZed 
in a general purpose beat detection operation, at step 107. 

If error concealment is to be performed, as determined in 
decision block 105, a corresponding window-switching pat 
tern is used to determine a window-switching beat location, 
at step 109. A degree of con?dence in the baseline beat 
determination obtained in step 103 is subsequently estab 
lished by checking the baseline beat position and a baseline 
beat-related inter-beat interval against the beat information 
derived by evaluating the window-switching pattern, at step 
111, as described in greater detail below. If the two beat 
detection methods are in close agreement, at decision block 
113, the window-switching beat information is used in the 
beat detector control block 45 to validate the beat position, 
at step 115. Otherwise, the process proceeds to step 117 
where the window type is checked at the predicted beat 
position using the inter-beat interval. The beat position is 
then determined by the window-switching beat information 
and the process returns to step 101 where the search window 
‘hops,’ or shifts, to the next group of MP3 granules as is 
well-known in the relevant art. 
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FIG. 4 is How diagram showing in greater detail the 
process of deriving baseline information using modi?ed 
DCT coefficients as denoted by step 103 of FIG. 3, above. 
The process of deriving baseline information can be con 
ducted using a compressed domain beat detector 200, shoWn 
in FIG. 5. The beat detector 200 includes an MDCT coef 
?cient extractor 201 for receiving an incoming MP3 audio 
bitstream 203. The MP3 audio bitstream 203 is also pro 
vided to a WindoW-type beat detector 205, as described in 
greater detail beloW. The MDCT coe?icient extractor 201 
functions to provide coef?cients in full-band as Well as 
coef?cients segregated by subband for use in deriving sepa 
rate subband energy values. In the con?guration shoWn, the 
MDCT coef?cient extractor 201 produces some of the 
baseline information by outputting a full-band set of MDCT 
coef?cients to a full-band feature vector (FV) analyZer 211. 

The beat detector 200 functions by utiliZing information 
provided by a plurality of subbands, here denoted as a ?rst 
subband through an N subband, in addition to the informa 
tion provided by the full-band set of coef?cients. The MDCT 
coef?cient extractor 201 further operates to output a ?rst 
subband set of MDCT coe?icients to a ?rst subband feature 
vector analyZer 213, a second subband set of MDCT coef 
?cients to a second subband feature vector analyZer (not 
shoWn) and so on to output an Nth subband set of MDCT 
coef?cients to an Nth subband feature vector analyZer 219. 

The feature vector analyZers 211 through 219 each extract 
a feature value (FV) for use in beat determination, in step 
121. As explained in greater detail beloW, the feature value 
may take the form of a primitive band energy value, an 
element-to-mean ratio (EMR) of the band energy, or a 
differential band energy value. The feature vector can be 
directly calculated from decoded MDCT coef?cients, using 
equation (6) beloW. In the disclosed method, feature vectors 
are extracted from the full-band and individual subbands 
separately to avoid possible loss of information. In a pre 
ferred embodiment, the frequency boundaries of the neW 
subbands are speci?ed in Table I for long WindoWs and in 
Table II for short WindoWs for a sampling frequency of 44.1 
kHZ. For alternative embodiments using other sampling 
frequencies, the subbands can be de?ned in a similar manner 
as can be appreciated by one skilled in the relevent art. 

TABLE I 

Subband division for long Windows 

Frequency Index of Scale 
Sub- interval MDCT factor 
band (HZ) coefficients band index 

1 04159 0*11 0*2 
2 460*918 12*23 35 
3 919*1337 24?35 6*7 
4 1338*3404 36*89 8*12 
5 3405*7462 90*195 13*16 
6 7463*22050 196*575 17*21 

TABLE II 

Subband division for short Windows 

Frequency Index of Scale 
Sub- interval MDCT factor 
band (HZ) coefficients band index 

1 04159 0*3 0 
2 460*918 4A7 1 
3 919*13 37 8*1 1 2 
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TABLE II-continued 

Subband division for short Windows 

Frequency Index of Scale 
Sub- interval MDCT factor 
band (HZ) coefficients band index 

4 1338*3404 12*29 35 
5 3405*7465 30*65 6*8 
6 7463*22050 66*191 9*12 

The process of feature extraction uses the full-band fea 
ture vector analyZer 211, as described in greater detail beloW, 
Where the full-band extraction results are output to a full 
band con?dence score calculator 221. In a preferred embodi 
ment, the full-band extraction results are also output to a 
full-band EMR threshold comparator 231 for an improved 
determination of beat position. The feature vector extraction 
process also includes using the ?rst subband feature vector 
analyZer 213 through the Nth subband feature vector ana 
lyZer 219 to output subband extraction to a ?rst subband 
con?dence score calculator 223 through an Nth subband 
con?dence score calculator 229 respectively. In a preferred 
embodiment, the subband extraction results are also output 
to a ?rst subband EMR threshold comparator 233 through an 
Nth subband EMR threshold comparator 239 respectively. 
A beat candidate selection process is performed in tWo 

stages. In the ?rst stage, beat candidates are selected in 
individual bands based on a process identifying feature 
values Which exceed a prede?ned threshold in a given search 
WindoW, as explained in greater detail beloW. Within each 
search WindoW the number of candidates in each band is 
either one or Zero. If there are one or more valid candidates 

selected from individual bands, they are then clustered and 
converged to a single candidate according to certain criteria. 
A valid candidate in a particular band is de?ned as an 

‘onset,’ and a number of previous inter-onset interval (IOI) 
values are stored in a FIFO buffer for beat prediction in each 
band, such as a circular FIFO buffer 350 in FIG. 10 beloW. 
The median of the inter-onset interval vector is used to 
calculate the con?dence scores of beat candidates in indi 
vidual bands. The inter-onset interval vector siZe is a tunable 
parameter for adjusting the responsiveness of the beat detec 
tor. If the inter-onset interval vector siZe is kept small, the 
beat detector is quick to adapt to a changed tempo, but at the 
cost of potential instability. If the inter-onset interval vector 
siZe is kept large, it becomes sloW to adapt to a changed 
tempo, but it can tackle more dif?cult situations better. In a 
preferred embodiment, a FIFO buffer of siZe nine is used. As 
the inter-onset interval rather than the ?nal inter-beat inter 
val is stored in the buffer, the tempo change is registered in 
the FIFO bulfer. HoWever, the search WindoW siZe is 
updated to folloW the neW tempo only after four inter-onset 
intervals, or about tWo to three seconds in duration. 

In the second stage, the beat candidates are checked for an 
acceptable con?dence score, at decision block 125, using 
outputs from the con?dence score calculators 221 through 
229. A con?dence score is calculated for each beat candidate 
from an individual band to score the reliability of the beat 
candidate (see equation (1) beloW). A ?nal con?dence score 
is calculated from the individual con?dence scores, and is 
used to determine Whether a converged candidate is a beat. 
If the con?dence scores fall beloW a predetermined con? 
dence threshold, the process returns to step 123 Where a neW 
set of beat candidates and inter-onset intervals are found. 
OtherWise, if the con?dence score for a particular beat 
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position is above the con?dence threshold, the onset position 
is selected as the correct beat location, at step 127, and the 
associated inter-onset interval is accepted as the inter-beat 
interval. The beat position, inter-beat interval, and con? 
dence score are stored for subsequent use. 
An inter-onset interval histogram, generated from empiri 

cal beat data, can be used to select the most appropriate 
threshold, Which can then be used to select beat candidates. 
A set of previous inter-onset intervals in each band is stored 
in the FIFO buffer for computing the candidate’s con?dence 
score of that band. Alternatively, a statistical model can be 
used With a median in the FIFO buffer to predict the position 
of the next beat. 

The plurality of beat candidates together With their con 
?dence scores from all the bands are converged in a con 
vergence and storage module 241. The beat candidate hav 
ing the greatest con?dence score Within a search WindoW is 
selected as a center point. If beat candidates from other 
bands are close to the selected center point, for example, 
Within four MP3 granules, the individual beat candidates are 
clustered. The con?dence of a cluster is the maximum 
con?dence of its members, and the location of the cluster is 
the rounded mean of all locations of its members. Other 
candidates are ignored and one candidate is accepted as a 
beat When its ?nal con?dence score is above a constant 
threshold. The beat position, the inter-beat interval, and the 
overall con?dence score (see equation (3) beloW) are sent 
either to the audio decoder 43 or to the audio encoder 53 
after checking With the WindoW sWitching pattern provided 
by the WindoW-type beat detector 205, and the beat detection 
process proceeds to step 105. 

The con?dence score for an individual beat candidate can 
be calculated in accordance With the folloWing formula: 

i <1) 

median(101) 
i i, 1--1 

3 median(101)+ median(101)— 

for i:F,l, . . . , N, Where 1 through N are the subband indicies 

and F is the index of the full-band. The value of the 
parameter k is ‘1’ unless the current inter-onset interval is 
tWo or three times longer than the predicted value due to a 
missed candidate, in Which case the value of the parameter 
k is set to ‘2’ or ‘3’ accordingly. The term U is a vector of 
previous inter-onset intervals and the siZe of U is an odd 
number. The term median (m) is used as a prediction of the 
current beat Where the parameter i is the current beat 
candidate index, and the term II. is the MP3 granule index of 
the current beat candidate. llastibeat is the MP3 granule index 
of the previous beat. The term f(El.) is introduced to discard 
candidates having loW energy levels. 

0, E; < threshold; 

1, E; 2 threshold; 

(2) f(Ez) ={ 

Where E1. is energy of each candidate. The con?dence score 
of the converged beat stream R is calculated by means of the 
equation: 

con?den Ce: 

The basic principle of beat candidate selection is setting 
a proper threshold for the extracted FV. The local maxima 
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8 
found Within a search WindoW meeting certain conditions 
are selected as beat candidates. This process is performed in 
each band separately. There are three threshold-based meth 
ods for selecting beat candidates, each method using a 
different threshold value. As stated above, the ?rst method 
uses the primitive feature vector (i.e., multi-band energy) 
directly, the second method uses an improved feature vector 
(i.e., using element-to-mean ratio), and the third method 
uses differential energy values. 
The ?rst method is based on the absolute value of the 

multi-band energy of beats and non-beats. A threshold is set 
based on the distribution of beat and non-beat for selecting 
beat candidates Within the search WindoW. This method is 
computationally simple but needs some knowledge of the 
feature in order to set a proper threshold. The method has 
three possible outputs in the search WindoW: no candidate, 
one candidate, or multiple candidates. In the case Where at 
least one candidate is found, a statistical model is preferably 
used to determine the reliability of each candidate as a beat. 
The second method uses the primitive feature vector to 

calculate an element-to-mean ratio Within the search Win 
doW to form a neW feature vector. That is, the ratio of each 
element (energy in each granule) to the mean value (average 
energy in the search WindoW) is calculated to determine the 
element-to-mean ratio. The maximum EMR is subsequently 
compared With an EMR threshold. If the EMR is greater 
than the threshold, this local maximum is selected as a beat 
candidate. This method is preferable to the ?rst method in 
most cases since the relative distance betWeen the individual 
element and the mean is measured, and not the absolute 
values of the elements. Therefore, the EMR threshold can be 
set as a constant value. In comparison, the threshold in the 
?rst method needs to be adaptive so as to be responsive to 
the Wide dynamic range in music signals. 

The third method uses differential energy band values 
(e.g., Eb(n+l)—Eb(n), see equation (6) beloW) to form a neW 
feature vector. One differential energy value is obtained for 
each granule, and the value represents the energy difference 
betWeen the primitive feature vector band values in con 
secutive granules. The differential energy method requires 
less calculation than does the EMR method described above 
and, accordingly, may be the preferable method When com 
putational resources are at a premium. 
MP3 uses four different WindoW types: a long WindoW, a 

long-to-short WindoW (i.e., a ‘start’ WindoW), a short Win 
doW, and a short-to-long WindoW (i.e., a ‘stop’ WindoW). 
These WindoWs are indexed as 0, l, 2, and 3 respectively. 
The short WindoW is used for coding transient signals. It has 
been found that, With respect to ‘pop’ music, short WindoWs 
often coincide With beats and o?beats since these are the 
events to most frequently trigger WindoW-sWitching. More 
over, most of the WindoW-sWitching patterns observed in 
tests appear in the folloWing order: 
long 2,long-to-short =>shor‘t =>shor‘t =>shor‘t-to-long =>long. 
Using WindoW indexing, this WindoW-sWitching pattern can 
be denoted as a sequence of 0-1-2-2-3-0, Where ‘0’ denotes 
a long WindoW and ‘2’ denotes a short WindoW. 

It should be noted that the WindoW-sWitching pattern 
depends not only on the encoder implementation, but also on 
the applied bitrate. Therefore, WindoW-sWitching alone is 
not a reliable cue for beat detection. Thus, for general 
purpose beat detection, an MDCT-based method alone 
Would be suf?cient and WindoW sWitching Would not be 
required. The WindoW-sWitching method is more applicable 
to error-concealment procedures. Accordingly, the MDCT 
based method is used as the baseline beat detector in the 
preferred embodiment, due to its reliability, and the beat 
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information (i.e., position and inter-beat interval) is vali 
dated with the window-switching pattern, as provided in the 
?ow diagram of FIG. 3, above. 

If the window switching also indicates a beat, and if the 
position of the beat indicated by the window switching is 
displaced less than four MP3 granules (that is, 4><l3 msec, 
or 52 msec) from the beat position indicated by the MDCT 
based method, the window-switching method is given pri 
ority. Beat information is taken from that obtained by 
window-switching and the MDCT-based information is 
adjusted accordingly. The beat information from MDCT 
based method is used exclusively only when window 
switching is not used. In a sequence of 0-1-2-2-3-0, for 
example, the beat position is taken to be the second short 
window (i.e., the second index 2), because the maximum 
value is most likely to be on the granule of the second short 
window. 

In the example provided above, a segment of four con 
secutive granules indexed as l-2-2-3 can be partially cor 
rupted in a communication channel. It would still be possible 
to detect the transient by having decoded at least the window 
type information (i.e., two bits) of one single granule in the 
segment of four consecutive granules, even if the main data 
has been totally corrupted. Accordingly, even audio packets 
partially-damaged due to channel error are not be discarded 
as the packets can still be utiliZed to improve quality of 
service (Q08) in applications such as streaming music. This 
illustrates the value of the window-type beat-detection pro 
cess to the disclosed method of combining beat information 
from the two separate detection methods so as to validate a 

beat position. 
FIG. 6 is a ?ow diagram showing in greater detail the 

process of performing feature vector extraction as in step 
121 of FIG. 4, above. The MDCT coef?cients in the MP3 
audio bitstream 203 are decoded by the MDCT coef?cient 
extractor 201, at step 141. The subbands to be used in the 
analysis are de?ned, at step 143. The feature vector calcu 
lation provides the multi-band energy within each granule as 
a feature, and then forms a feature vector of each band 
within a search window. The feature vector serves to effec 
tively separate beats and non-beats. 

The multi-band energy within each granule is thus de?ned 
as a feature, at step 145. This is used to form a primitive 
feature value of each subband within a search window, at 
step 147. The element-to-mean ratio can be used to improve 
the feature quality. If no EMR is desired, at decision block 
149, operation proceeds to step 123, above. Otherwise, an 
EMR is calculated within the search window to form an 
EMR feature value, at step 150, before the operation pro 
ceeds to step 123. 

The search window siZe determines the FV siZe, which is 
used for selecting beat candidates in individual bands. The 
search window siZe can be ?xed or adaptive. For a ?xed 
window siZe, a lower bound of 325 milliseconds is used as 
the search window siZe so that the maximal number of 
possible beats within the search window is one beat. A larger 
window siZe may enclose more than one beat. In a preferred 
embodiment, an adaptive window siZe is used because better 
performance can be obtained. The siZe of the adaptive 
window is determined by ?nding the closest odd integer to 
the median of the stored inter-onset intervals, so that a 
symmetric window is formed around a valid sample: 
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(4) 

The hop siZe is selected to be half of the new search window 
siZe. 

(5) windowisizeinew] hopisizeinew : round[ 2 

FIG. 7 is a ?ow diagram showing in greater detail the 
process of determining beat candidates as in step 123 in FIG. 
4, above. A query is made at decision block 151 as to 
whether beat detection will be made using multi-band 
energy within each granule. If the response is ‘yes,’ a 
threshold is set based on absolute energy values, at step 153. 
Beat candidates are determined to be at locations where the 
absolute energy threshold is exceeded, at step 155. Opera 
tion then proceeds to decision block 169. 

If the response at decision block 151 is ‘no,’ a query is 
made at decision block 157 as to whether beat detection will 
be made using element-to-mean ratio within each granule. If 
the response is ‘yes,’ a threshold is set based on EMR values, 
at step 159. Beat candidates are determined to be at locations 
where the element-to-mean ratio energy threshold is 
exceeded, at step 161, and operation proceeds to decision 
block 169. 

If the response at decision block 157 is ‘no,’ differential 
energy values are calculated, at step 163, and a threshold is 
set based on differential energy values, at step 165. Beat 
candidates are determined to be at locations where the 
differential energy threshold is exceeded, at step 167, and 
operation proceeds to decision block 169. 

If there is not at least one candidate, at decision block 169, 
no beat has been found and operation proceeds to step 101 
where the next data is obtained by hopping. If there is more 
than one beat candidate, at decision block 171, the two or 
more candidates are clustered and converged, at step 173, 
and operation returns to step 125. If there is only one beat 
candidate, at decision block 171, operation proceeds directly 
to step 125. 

FIGS. 8A through 8H are examples of waveforms and 
subband energies as derived in the process of FIG. 7. Feature 
vectors are extracted in multiple bands and then processed 
separately. Graph 251 (FIG. 8A) shows a music waveform 
of approximately four seconds in duration. Graphs 253*263 
(FIGS. 8Bi8G) represent the energy distributions in each of 
the six subbands used in the preferred embodiment. Graph 
265 (FIG. 8H) represents the full-band energy distribution. 
MP3 methodology includes the use of long windows and 

short windows. The long window length is speci?ed to 
include thirty-six subband samples, and the short window 
length is speci?ed to include twelve subband samples. A 
50% window overlap is used in the MDCT. In the disclosed 
method, the MDCT coef?cients of each granule are grouped 
into six newly-de?ned subbands, as provided in Tables I and 
II, above. The grouping in Tables I and II has been derived 
in consideration of the constraint of the MPEG standard and 
in view of the need to reduce system complexity. The feature 
extraction grouping also produces a more consistent fre 
quency resolution for both long and short windows. In 
alternative embodiments, similar frequency divisions can be 
speci?ed for other codecs or con?gurations. 
















